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frequency, the sensor detects a sinusoidal sensor signal at the
test frequency, and a comparison of the sensor signal to the
driver signal produces an amplitude (gain or attenuation)
and a phase for the test frequency.
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Generate electrical sine wave of desired

frequency, amplitude with signal generator (15) 21

Y

Direct electrical sine wave to both output amplifier (14) 22
and sampler/analog-to-digital converter (17)
Y
Amplify electrical sine wave with output amplifier (14) 5
while blocking all other inputs to output amplifier (14) 3

Y
Direct amplified electrical sine wave | >
from output ampilifier (14) to driver (5) 4

Y
Receive sinusoidal acoustic energy with sensor (3) ——25

!

Direct received electrical signal
from sensor (3) to input amplifier (13)

y

Direct amplified received electrical signal from input — 5
amplifier (13) to sampler/analog-to-digital converter (17) 7

'

At sampler/analog-to-digital converter (17), compare
amplified received electric signal to electrical sine wave

Y

From comparison, extract amplitude and phase 29

——26

|
Adjust frequency of sine wave, repeat | 3
until full frequency range is covered 0

Figure 3
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1
FEEDBACK SCAN FOR HEARING AID

TECHNICAL FIELD

The present invention pertains to hearing aids, and meth-
ods for manufacturing and using such hearing aids.

BACKGROUND

Hearing restoration or compensation devices, commonly
known as hearing aids, provide a tremendous benefit to a
patient with congenital hearing loss or whose hearing has
deteriorated due to age, genetics, illness, or injury. There is
a wide variety of commercially available devices that can be
worn externally or can be implanted within the body of the
patient.

In general, it is desirable to provide a high level of gain
in the device, so that ambient sound may be significantly
amplified for the patient. However, if the gain is too high,
some sound may leak from the output speaker to the input
microphone, and the device may produce acoustic feedback.
Acoustic feedback is a highly undesirable condition, and can
lead to a loud squealing noise heard by the patient.

Accordingly, there exists a need for a diagnostic tool that
can characterize the performance of the device, so that the
gain may be set at a level below the threshold at which
acoustic feedback occurs. In addition, for implantable
devices, the characterization may be repeated over an
extended period of time, and may help diagnose tissue
growth or fluid in the middle ear.

BRIEF SUMMARY

An embodiment is a hearing aid, including: a sensor that
receives ambient sound from around a patient; and a driver
that stimulates the anatomy of the patient. The hearing aid
has an operational mode in which the driver stimulates the
anatomy of the patient in response to the sound received at
the sensor. The hearing aid has a test mode in which a test
frequency is stepped through a predetermined range of
frequencies. At each test frequency, the driver is driven with
a sinusoidal driver signal at the test frequency, the sensor
detects a sinusoidal sensor signal at the test frequency, and
a comparison of the sensor signal to the driver signal
produces an amplitude and a phase for the test frequency.

Another embodiment is a device for restoring the hearing
of a patient, including: a sensor for converting ambient
sound around the patient into a corresponding input electri-
cal signal; an audio processing unit for receiving the input
electrical signal and producing an output electric signal; and
a driver for converting the output electrical signal into a
stimulation signal that can be received by the anatomy of the
patient. The audio processing unit includes a test mode
during which the audio processing unit drives the driver with
a sinusoidal driver signal at a predetermined frequency,
receives through the sensor a sinusoidal sensor signal at the
predetermined frequency, compares the sensor signal to the
driver signal, and determines a feedback gain and a feedback
phase shift at the predetermined frequency from the com-
pared driver and sensor signals.

A further embodiment is a device for restoring the hearing
of a patient, comprising: a sensor for converting ambient
sound around the patient into a corresponding input electri-
cal signal; an audio processing unit for receiving the input
electrical signal and producing an output electric signal; and
a driver for converting the output electrical signal into a
stimulation signal that can be received by the anatomy of the
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patient. The audio processing unit includes a test mode
during which the audio processing unit drives the driver with
a sinusoidal driver signal at a predetermined frequency,
receives through the sensor a sinusoidal sensor signal at the
predetermined frequency, and samples and stores at least
four voltage levels each for the sensor and driver signals.
The voltage levels are sampled at intervals that are spaced
apart by one-fourth of an oscillation period at the predeter-
mined frequency.

The above summary of some embodiments is not intended
to describe each disclosed embodiment or every implemen-
tation of the present invention. The Figures, and Detailed
Description, which follow, more particularly exemplify
these embodiments.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention may be more completely understood in
consideration of the following detailed description of vari-
ous embodiments of the invention in connection with the
accompanying drawings, in which:

FIG. 1 is a block diagram of an implantable hearing
restoration device;

FIG. 2 is a schematic drawing of a sample implantable
hearing restoration device;

FIG. 3 is a flow chart of the method of operation for the
device of FIG. 2; and

FIG. 4 is a plot of the driver signal voltage (top) and the
sensor signal voltage (bottom) versus time.

While the invention is amenable to various modifications
and alternative forms, specifics thereof have been shown by
way of example in the drawings and will be described in
detail. It should be understood, however, that the intention is
not to limit the invention to the particular embodiments
described. On the contrary, the intention is to cover all
modifications, equivalents, and alternatives falling within
the spirit and scope of the invention.

DETAILED DESCRIPTION

For the purposes of this document, the term “hearing aid”
is intended to mean any instrument or device designed for or
represented as aiding, improving or compensating for defec-
tive human hearing and any parts, attachments or accessories
of such an instrument or device.

A hearing aid is disclosed, having the ability to generate
its own open-loop feedback scan of amplitude (as gain or
attenuation) and phase, as a function of frequency. The
hearing aid has a sensor that receives ambient sound from
near a patient, and a driver that stimulates the anatomy of the
patient. The hearing aid has an operational mode in which
the driver stimulates the anatomy of the patient in response
to the sound received at the sensor. The hearing aid has a test
mode in which a test frequency is stepped through a prede-
termined range of frequencies. At each test frequency, the
driver is driven with a sinusoidal driver signal at the test
frequency, the sensor detects a sinusoidal sensor signal at the
test frequency, and a comparison of the sensor signal to the
driver signal produces an amplitude (gain or attenuation)
and a phase for the test frequency.

The above paragraph is merely a general summary, and
should not be construed as limiting in any way. More detail
is provided in the figures and in the text that follows.

FIG. 1 is a block diagram of an implantable hearing
restoration device 1, with arrows that trace the flow of
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acoustic signals. The acoustic signals flow from a sound
environment 2, to an implantable hearing restoration device
1, to a patient anatomy 6.

The sound environment 2 may be the acoustic environ-
ment in which the patient and hearing device 1 exist, such
as a quiet office, a busy street, or a soundproof booth that
may be used for audiometric testing. The sound environment
2 may create sounds that are within the typical pressure and
frequency range that a human with normal hearing can
perceive. In general, a typical frequency range for normal
human hearing may be between 20 Hz and 20 kHz, although
the high-frequency edge of this range typically decreases
with age. Note that the sound environment 2 may produce
acoustic signals outside the frequency range of human
hearing as well, although the implantable hearing restoration
device 1 may be largely unaffected by these signals. Sounds
produced by the sound environment 2 arrive at the implant-
able hearing restoration device 1 in the form of acoustic
pressure waves.

The implantable hearing restoration device 1 may include
three general units, including a sensor 3 or microphone 3, a
processor 4 or amplifier 4, and a driver 5 or electrode 5. The
driver 5 or electrode 5 may also be referred to as a speaker.

The sensor 3 may be an element or transducer that
converts mechanical or acoustic energy into an electrical
signal, such as a microphone or piezoelectric sensor. The
sensor 3 receives the sound produced by the sound envi-
ronment 2 and converts it into an input electrical signal. For
the purposes of this document, it is assumed that the input
electrical signal may be generated in a known manner.

The processor 4 processes the input electrical signal from
the sensor 3, and may amplify, filter and/or apply other linear
and/or non-linear algorithms to the input electrical signal.
The processor 4 produces an output electrical signal and
sends it to the driver 5. In general, much of the remainder of
this document is directed to particular processing performed
by the processor 4, and there is much more detail concerning
the processor 4 in the text that follows.

The driver 5 receives the output electrical signal from the
processor 4 and converts it into a stimulation signal that can
be received by the patient anatomy 6. Depending on the type
of implantable hearing restoration device 1, such as a
cochlear implant or middle ear device, the stimulation signal
may be acoustic, mechanical and/or electrical in nature. For
the purposes of this document, it is assumed that the
stimulation signal may be received in a known manner.

The implantable hearing restoration device 1 can charac-
terize the feedback network between the driver 5 and the
sensor 3. Specifically, the implantable hearing restoration
device 1 may characterize the relationship between the input
electrical signal received from the sensor 3 and the output
electrical signal sent to the driver 5. If there is sufficiently
high gain between the input and output electrical signals,
then there may be conditions at which the device 1 can
produce undesirable feedback. A device said to be “in
feedback” may be unstable and may be in oscillation,
usually at one particular frequency. Feedback in a hearing
aid is highly undesirable.

The physical cause of feedback may vary, depending on
the type of hearing aid. For an externally worn hearing aid,
feedback may be caused by acoustic energy leaking back
from the output speaker to the input microphone and con-
sequently being amplified repeatedly. This causes the ampli-
fier or processor to oscillate and causes the patient to hear a
loud squealing noise. For an implantable device, such as the
device 1 shown in FIG. 1, feedback may be caused by
vibrations coupling back into the sensor through bone in the
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patient’s head, through fluid residing in the middle ear,
and/or tissue that has grown since the device was implanted.

Characterization of the feedback network may provide the
clinician with a value of the maximum gain that the device
1 could provide before feedback or oscillation occurs. In
general, such a value is beneficial, in that it allows the
clinician to increase the gain as much as possible without
risking feedback. In addition, if such a characterization were
repeated over time, a clinician could use the results over
time to help diagnose physiological changes such as tissue
growth or fluid in the middle ear.

FIG. 2 is a schematic drawing of a sample implantable
hearing restoration device 1. In particular, the sample device
1 shows particular modules and elements that perform
particular functions. It will be understood by one of ordinary
skill in the art that the configuration of FIG. 2 is merely an
example, and that other modules and elements may be used
to perform the particular functions noted in detail below. In
addition, although both the sensor 3 and the driver 5 are
shown in the example of FIG. 2 as being electrically
capacitive in nature, it will be understood that other sensors
and drivers may be used that need not be based on capaci-
tance.

This paragraph describes the elements and components
used in the day-to-day operation of the device 1. The sensor
3 electrically connects to the processor 4 through a trans-
ducer connection 18. The electrical signal produced by the
sensor 3 enters an input amplifier 13. During normal use, the
signal from the input amplifier 13 enters an audio processor
16, the signal from the audio processor 16 feeds an output
amplifier 14, which in turn connects electrically through a
transducer connection 19 to the driver 5. Note that the
day-to-day operation of the device 1 may use all-analog
processing of the sound, rather than conversion to digital,
processing in the digital domain, and conversion back to
analog. The input amplifier 13, the audio processor 16 and
the output amplifier 14 may be grouped collectively as an
audio processing unit 11, although the individual compo-
nents need not be physically grouped together in the same
location on a circuit board or integrated circuit. The proces-
sor 4 includes a set of digital diagnostic controls 12 that can
control the analog elements, and can control properties such
as the gain, equalization, compression/limiting, and so forth.

Two additional components that may be used to analyze
the feedback network are a signal generator 15 and a
sampler/analog-to-digital converter 17, both of which may
be grouped with the audio processing unit 11.

The signal generator 15 may generate a sine wave of a
known frequency and amplitude. The frequency and ampli-
tude may be controlled by the digital diagnostic controls 12.
The sinusoidal output from the signal generator 15 may be
fed into the output amplifier 14, which in turn, drives the
driver 5. The driver 5 stimulates the anatomy of the patient,
and a small portion of the sinusoidal energy may be picked
up by the sensor 3. The sinusoidal signal received by the
sensor 3 may be amplified by the input amplifier 13. The
output from the input amplifier 13 may also feed the
sampler/analog-to-digital converter 17, in addition to feed-
ing the audio processor 16. The sampler/analog-to-digital
converter 17 may sense an amplitude and a phase for the
sinusoidal signal, and may store the sensed amplitude and
phase in memory within the audio processing unit 11 or
external to the audio processing unit 11. The digital diag-
nostic controls may then change the sine wave frequency of
the signal generator 15, and the process may repeat. The
process is then repeated with sufficient resolution in fre-
quency, over a sufficiently large range of frequencies, result-
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ing in the device having acquired a set of measured ampli-
tudes and phases as a function of frequency.

FIG. 3 is an example flow chart of the method of operation
20 for the device 1 of FIG. 2. In step 21, the signal generator
15 generates an electrical sine wave of a predetermined
frequency. In step 22, the signal generator 15 directs the
electrical sine wave to both the output amplifier 14 and the
sampler/analog-to-digital converter 17. In step 23, the output
amplifier 14 amplifies the electrical sine wave while block-
ing all other inputs to output amplifier 14. In step 24, the
output amplifier 14 directs the amplified electrical sine wave
to the driver 5. Upon leaving the driver 5, the sine wave
propagates as sinusoidal acoustic energy within the anatomy
of the patient. In step 25, the sensor 3 receives the sinusoidal
acoustic energy propagating within the anatomy of the
patient. In step 26, the sensor 3 generates a received elec-
trical signal from the received sinusoidal acoustic energy
and directs it to the input amplifier 13. In step 27, the input
amplifier 13 directs the amplified received electric signal to
the sampler/analog-to-digital converter 17. In step 28, at the
sampler/analog-to-digital converter 17, the amplified
received electric signal is compared to the electrical sine
wave. In step 29, from the comparison, the amplitude and
phase are extracted. Note that this is the amplitude and phase
between the driver 5 and the sensor 3, where the amplitude
drop from the driver 5 to the sensor 3 is expected to be
greater than roughly 65 dB. In step 30, the signal generator
15 adjusts the frequency of the electrical sine wave, and,
optionally, the amplitude of the electrical sine wave as well.
In some cases, the increment of frequency is predetermined
to have sufficient resolution in the frequency domain. Steps
21-29 are then repeated until the full frequency range is
covered.

Alternatively, at step 29, the device 1 may instead store
several sampled values from the electrical sine wave and the
amplified received electrical signal, the samples being taken
at predetermined times. Once all the frequencies are swept,
the device may then use all the stored sample values to
determine the amplitude and phase at each frequency. In
other words, the amplitude and phase may be calculated for
each frequency as the data is taken, as is drawn in FIG. 3,
or may alternatively be calculated all at once after all the
data has been taken. In some cases, the stored values may be
exported to a separate device, such as a module external to
the patient, and the amplitudes and phases are calculated
from the stored values on said external device or another
external device.

It is instructive to work through some numbers, which
may serve as rough guidelines for the requirements on the
sampler/analog-to-digital converter 17. Typical patients hav-
ing moderate to severe hearing loss may have hearing
thresholds of up to 70 dB to 95 dB below that of someone
with normal hearing. As a result, the hearing devices
designed to treat moderate to severe hearing loss should be
capable of providing 70 dB to 95 dB of gain. This, in turn,
implies that the feedback network should have a gain of no
more than —95 dB, or the device will go into oscillation (i.e.
feedback) before reaching maximum gain. Therefore, the
sampler/analog-to-digital converter 17 should be able to
resolve signals that are about 100 dB quieter than that of the
test signal being output by the driver 5.

Preferably, the feedback characterization may have high
precision over a large dynamic range, may capture both
magnitude and phase information, and may be performed
quickly to minimize time for the patient and the clinician.
We present below an example of a particularly fast way of
extracting the measured amplitude and phase from the
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device 1 shown in FIG. 2. It will be understood by one of
ordinary skill in the art that this is merely an example, and
that other suitable ways of extracting the measured ampli-
tude and phase may be used as well.

Once a frequency has been selected for the signal gen-
erator 15, and an amplitude has been selected (preferably as
large as possible to maximize the signal-to-noise ratio), the
signal generator 15 may begin outputting a sine wave with
the selected frequency and amplitude. After a short time,
typically a few oscillation periods, the signal generator 15
has settled into a steady-state oscillation having a relatively
stable amplitude and being relatively free from transients.

The value of the frequency is fed to the sampler/analog-
to-digital converter 17, so that the sampler/analog-to-digital
converter 17 may sample signal values at specific time
intervals that depend on the frequency. Specifically, for each
frequency, the sampler/analog-to-digital converter 17
samples four values from both the signal generator 15
(representing the driver signal) and the input amplifier 13
(representing the sensor signal). The four values are taken at
intervals of 90° of phase, or one-fourth of a full rotational
period or cycle. The driver signal and the sensor signal are
sampled at the same time.

FIG. 4 is an example plot of the driver signal voltage (top)
and the sensor signal voltage (bottom) versus time. The
period of both oscillatory voltages is denoted as “P”, which
mathematically is the inverse of the oscillation frequency.
There is a phase shift between the driver and sensor signals,
which is one of the quantities to be calculated. There is a
peak-to-valley voltage of the driver signal, denoted as
“2AC,”, which is an intermediate quantity to be calculated.
Note that the peak-to-valley voltage is an AC component to
the voltage; there is also a DC offset to the voltage not shown
explicitly in FIG. 4. Similarly, the peak-to-valley voltage of
the sensor signal is denoted as “2AC;”, which is also an
intermediate quantity to be calculated. The gain of the
system is one of the useful quantities to be calculated, and
is given by the ratio of 2AC/2AC,,.

For the purposes of nomenclature, the four time values are
designated as “17, “2”, “3” and “4”, the driver signal is
designated as “D”, and the sensor signal is designated as
“S”. The four measured driver signal voltages are then “D1”,
“D2”, “D3” and “D4”, and the four measured sensor signal
voltages are then “S1”, “S2”, “S3” and “S4”. D1 and S1 are
measured at same instant, D2 and S2 are measured at the
same instant one-fourth of a period after D1 and S1, and so
forth. For each frequency, the device 1 captures a total of
eight signal voltages: D1, D2, D3, D4, S1, S2, S3 and S4.

Given the eight measured signal voltages, the two inter-
mediate peak-to-valley voltages are given by:

2AC=[(S3-S1)2+(54-52)?]12

24CH=[(D3-D1)?+(D4-D2)*|"2

The system gain (or attenuation) of the device 1 is given
by

Gain=24Cg/24Cp,=[(S3-S1)?+(S4-S2)?] 2/
[(D3-D1)*+(D4-D2)?|2
The gain (or attenuation) may also be expressed in
decibels, by taking 20 log, , of the above quantity.
The phase shift, in radians, between the driver and sensor
signals is given by:

Phase [radians]=a tan 2[(D4-D2), (D3-D1)] a tan
2[(54-52), (53-51)],
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where “a tan 2” is a two-argument arctangent function.
The phase in units of time may be found by multiplying the
value in radians by the oscillation period P and dividing by
2m.

As an alternative, the sampling times “17, “2”, “3” and
“4” need not be simultaneous for both the driver and sensor
signals, since true simultaneity may be difficult for the
sampler/analog-to-digital converter 17. Instead, the sam-
pling times may be offset by a known amount, such as a
fixed time delay or a fixed portion of a rotation period. For
the purposes of this document, the term “simultaneous” is
intended to cover both true simultaneity, and the cases where
the sampling times are offset by a known, predetermined
amount.

We summarize for this particular example. For a particu-
lar oscillation frequency sent to the signal generator 15, the
period of oscillation is one divided by the oscillation fre-
quency. The driver and sensor signals are simultaneously
sampled at four instances, the instances being regularly
spaced apart by one-fourth of an oscillation period. The
sampled signals total eight sampled voltages. The gain and
phase shift of the system are extracted through straightfor-
ward formulas from the eight sampled voltages. The process
may be repeated over a range of frequencies, where the
range may include the full range or a partial range of human
hearing. This produces the gain and phase shift of the
system, versus frequency, over a desired range of frequen-
cies.

There may be potential advantages for extracting the
amplitude and phase from the sinusoidal signals as described
in the above example. For instance, the measurement can be
very fast, requiring at most only a few periods of oscillation
for each frequency. For a reasonable scan of the full range
of human hearing, a full measurement may only take per-
haps two or three seconds. In addition, the measured quan-
tities require very little memory, merely eight stored voltage
values for each frequency. Furthermore, the equations for
extracting the amplitude and phase from the eight stored
voltage values are robust, and do not include any undefined
points at which division by zero occurs or accuracy is
compromised. Finally, because the four time instances can
start at any absolute time without affecting the results, there
is no need for triggering from a particular starting point in
the oscillations, such as a peak or a zero-crossing.

Note that the measured signal voltages noted in FIG. 4
and the equations presented above are just an example, and
that other ways of extracting the amplitude and phase from
the sinusoidal signals may also be used. Other techniques
may also be used to improve the amplitude and phase
extraction, such as increasing the sampling rate, which may
help suppress any contributions from higher order harmon-
ics.

There are many potential advantages to use of the device
1 for measuring the phase and amplitude, as a function of
frequency, for all or a part of the range of human hearing.
For instance, the feedback signal path may be isolated from
the forward signal path. In addition, the measurement
requires no additional equipment. Furthermore, the mea-
surement technique can be implemented in both externally
worn and in fully implantable hearing aids. Additionally, the
measurement can be performed while wearing an ear plug to
dramatically reduce error due to ambient noise. In addition,
the measurement may be performed automatically by the
device, and needs no additional calibration. Also, the mea-
surement is not susceptible to variation in test equipment
over time. Further, the measurement may be used to detect
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tissue growth and fluid in the middle ear. Finally, the
measurement may be used to detect other issues with fully
implantable systems.

For the following defined terms, these definitions shall be
applied, unless a different definition is given in the claims or
elsewhere in this specification.

All numeric values are herein assumed to be modified by
the term “about,” whether or not explicitly indicated. The
term “about” generally refers to a range of numbers that one
of skill in the art would consider equivalent to the recited
value (i.e., having the same function or result). In many
instances, the terms “about” may include numbers that are
rounded to the nearest significant figure.

The recitation of numerical ranges by endpoints includes
all numbers within that range (e.g. 1 to 5 includes 1, 1.5, 2,
2.75, 3, 3.80, 4, and 5).

As used in this specification and the appended claims, the
singular forms “a,” “an,” and “the” include plural referents
unless the content clearly dictates otherwise. As used in this
specification and the appended claims, the term “or” is
generally employed in its sense including “and/or” unless
the content clearly dictates otherwise.

The preceding detailed description should be read with
reference to the drawings in which similar elements in
different drawings are numbered the same. The drawings,
which are not necessarily to scale, depict illustrative
embodiments and are not intended to limit the scope of the
invention.

It should be understood that this disclosure is, in many
respects, only illustrative. Changes may be made in details,
particularly in matters of shape, size, and arrangement of
steps without exceeding the scope of the invention. The
invention’s scope is, of course, defined in the language in
which the appended claims are expressed.

What is claimed is:

1. A hearing aid, comprising:

a sensor that receives ambient sound from around a

patient; and

a driver that stimulates the anatomy of the patient;

wherein the hearing aid has an operational mode in which

the driver stimulates the anatomy of the patient in
response to the sound received at the sensor;

wherein the hearing aid has a test mode in which a test

frequency is stepped through a predetermined range of
frequencies; and wherein at each test frequency, the
driver is driven with a sinusoidal driver signal at the test
frequency, the sensor detects a sinusoidal sensor signal
at the test frequency, and a comparison of the sensor
signal to the driver signal produces an amplitude and a
phase for the test frequency,

wherein the sinusoidal driver signal and the sinusoidal

sensor signal are sampled at intervals that are spaced
apart by one-fourth of an oscillation period at the test
frequency.

2. The hearing aid of claim 1, wherein four samples of the
sinusoidal driver signal and four samples of the sinusoidal
sensor signal are saved at each test frequency as voltage
levels.

3. The hearing aid of claim 2, wherein the samples of the
sinusoidal driver signal are offset in time from the samples
of the sinusoidal sensor signal by a predetermined offset for
each test frequency.

4. The hearing aid of claim 3, wherein the predetermined
offset is zero for all test frequencies.

5. The hearing aid of claim 4, wherein for each test
frequency:
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the four samples of the sinusoidal driver signal are
denoted as D1, D2, D3 and D4,
the four samples of the sinusoidal sensor signal are
denoted as S1, S2, S3 and S4;
the system amplitude is given by:

[(S3-S1)?+(S4-S2)?1V2/[(D3-D1 +(D4-D2)*]"2;
and the system phase is given by:

a tan 2[(D4-D2), (D3-D1)]-a tan 2[(S4-S2), (S3-
S

6. The hearing aid of claim 3, wherein the predetermined
offset is a constant time for all test frequencies.

7. The hearing aid of claim 3, wherein the predetermined
offset is a constant phase for all test frequencies.

8. The hearing aid of claim 1, wherein the hearing aid is
surgically implantable in the patient, is a cochlear device, or
is a middle ear device.

9. A device for restoring the hearing of a patient, com-
prising:

a sensor for converting ambient sound around the patient

into a corresponding input electrical signal;

an audio processing unit which receives the input elec-

trical signal and produces an output electric signal; and
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a driver for converting the output electrical signal into a
stimulation signal that can be received by an anatomy
of the patient;

wherein the audio processing unit includes a test mode
during which the audio processing unit drives the driver
with a sinusoidal driver signal at a predetermined
frequency, receives through the sensor a sinusoidal
sensor signal at the predetermined frequency, and
samples and stores at least four voltage levels each for
the sensor and driver signals; and

wherein the voltage levels are sampled at intervals that are
spaced apart by one-fourth of an oscillation period at
the predetermined frequency.

10. The device of claim 9, further comprising a module
external to the patient for reading the stored at least four
voltage levels each for the sensor and driver signals.

11. The device of claim 10, wherein the stored at least four
voltage levels determine a feedback gain and a feedback
phase shift at the predetermined frequency.

12. The device of claim 9, wherein the predetermined
frequency is stepped in discrete increments over a predeter-
mined frequency range.
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